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AUDIO SIGNAL PROCESSING 

The invention relates to the processing of audio signals, and more particularly 
to the processing of audio signals having varying numbers of directional channels and 
5 varying equalization characteristics. 

It is an important object of the invention to provide an improved system for 
processing audio signals by detecting certain characteristics of the audio signals and 
processing the signals to produce an output signal having a desirable number of 
channels and low frequency equalization characteristics. 

10 According to the invention, a method for processing an audio signal having one 

or more directional input channels includes detecting the number and directional 
designators of the directional input chaimels; and processing each of the directional 
input channels by one of a pluraUty of selectable processes, the selectable process 
applied to each directional input channel being responsive to the detecting step 

15 according to a predetermined pattern without user intervention. 

In an other aspect of the invention, a method for processing an audio signal 
having one or more directional input channels includes detecting the number and 
directional designators the directional input chaimels; and processing the directional 
input channels to produce an alternatively selectable number of output directional 
20 chaimels, the ahematively selectable number of output directional channels and the 
contents of the output directional channels being responsive to the detecting step 
according to a predetermined pattern without user intervention. 

In another aspect of the invention, a method for processing an audio signal 
includes determining whether the audio signal is an analog signal or a digital signal; 
25 responsive to a determining that the signal is an analog signal, decoding the signal to 
produce a left channel, a right channel, a center channel, a left surround channel and a 
right sxuTound channel; responsive to a determining that the audio signal is a digital 



- 1 - 




signal, detecting the number and directional designators of directional input channels in 
the audio signal; and processing each of the directional input channels by one of a 
plurality of selectable processes, the selectable process applied to each directional 
input channel being responsive to the detecting step according to a predetermined 
5 pattern without user intervention. 

In another aspect of the invention, a method for processing an audio signal 
includes determining whether the audio signal is an analog signal or a digital signal; 
responsive to a determining that the signal is an analog signal, decoding the signal to 
produce a left channel, a right channel, a center channel, a left surround channel and a 

10 right surround channel; responsive to a determining that the audio signal is a digital 
signal, detecting the number and directional designators of directional input channels in 
the audio signal; and processing the directional input channels to produce a plurality of 
output directional channels, the number of output directional channels and the 
directional designators of the output directional channels being responsive to the 

15 detecting step according to a predetermined pattern without user intervention. 

In another aspect of the invention, a method for processing an audio signal 
having one or more directional input channels includes detecting the number of 
surroxmd channels in the audio signal and processing the directional input channels by 
one of a plurality of selectable processes to produce two stereo surroimd directional 
20 output channels, the selectable process applied to the directional input channels being 
responsive to the detecting step according to a predetermined pattern without user 
intervention. 

In another aspect of the invention, a method for processing an audio signal 
includes determining whether the audio signal has been equalized for a large room and 
25 responsive to a determining that the audio signal has been equalized for a large room, 
applying a pre-selected gain below a threshold frequency. 

In another aspect of the invention, an apparatus for processing an audio signal 
having one or more directional input channels includes an input characteristics 
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determiner for detecting the nximber and directional designators of the directional input 
channels; and a processor for processing each of the directional input channels, the 
processor being designed and constructed to process the audio signal by one of a 
plurality of selectable processes, the selectable process applied to each directional 
5 input channel being responsive to the input characteristics determiner according to a 
predetermined pattem without user intervention. 

In another aspect of the invention, an apparatus for processing an audio signal 
having one or more directional input channels includes an input characteristics 
determiner for detecting the nxraiber and directional designators of the directional input 
10 channels and a processor for processing the directional input channels, the processor 
being designed and constructed to produce an alternatively selectable number of output 
directional chaimels, the number of output directional channels and the contents of the 
O output directional channels being responsive to the input characteristics determiner 

according to a predetermined pattem without user intervention. 

py 15 In another aspect of the invention, an apparatus for processing an audio signal 

y' includes an input characteristics determiner for determining whether the audio signal is 

ff^ an analog signal or a digital signal and for determining the number and directional 

Q designators of digital signals; a first processor, responsive to the input 

characteristics determiner for decoding the analog signals to produce a left channel, a 
i 20 right channel, a center channel, a left surroxmd channel and a right surround channel; 
if| and a second processor, responsive to the input characteristics determiner, for 

processing each of the directional input channels of the digital signals by one of a 
plurality of selectable processes, the selectable process applied to each directional 
input channel being responsive to the input characteristics determiner according to a 
25 predetermined pattem without user intervention. 

In another aspect of the invention, an apparatus for processing an audio signal 
includes an input characteristics determiner for determining whether the audio signal is 
an analog signal or a digital signal and for determining the number and directional 
designators of channels in the digital signals; a decoder, responsive to the input 
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characteristics determiner for decoding the analog signals to produce a left channel, a 
right channel, a center channel, a left surround channel and a right surround channel; 
and a processor, for processing the directional input channels in the digital signals to 
produce a plurality of output directional channels, the number of output directional 
5 channels and the directional designators of the output directional channels being 
responsive to the input characteristics determiner according to a predetermined pattem 
without user intervention. 

In still an other aspect of the invention, an apparatus for processing an audio 
signal includes an input characteristics determiner for determining whether the audio 
10 signal has been equalized for a large room and an equalizer, responsive to the 
determiner, for applying a pre-selected gain below a threshold fi^equency. 

Other features, objects, and advantages will become apparent from the 
following detailed description, which refers to the following drawings in which: 
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FIG. 1 is a logical arrangement of an audio signal processing system according 
to the invention; and 

FIG. 2 is a set of equalization curves helpful in describing the low frequency 
equalization aspect of the invention. 

5 With reference now to the drawings and more particularly to FIG. 1, there is 

shown a block diagram of a system according to the invention. Audio signal source 
10 and user input terminal 28 are coupled to input characteristics determiner 12, 
which is in turn coupled to directional chaimel synthesizer 14 by signal line 16 and 
directional channel synthesizer control line 18, and to equalizer 20 by equalizer control 
10 line 22. Directional channel synthesizer 14 is coupled to equalizer 20 by signal line 
24. Equalizer 20 is coupled to output terminal 26. 

In operation, input characteristics determiner 14 determines certain 
characteristics about the input audio signal received from audio signal source 10. 
Based on the characteristics of the input audio signal, and in some circumstances on 
15 input received from user input terminal 28, input characteristics determiner 12 

determines, according to a predetermined formula, the processing to be performed by 
directional channel synthesizer 14 and the equalization to be performed by equalizer 
20. The signals are then processed by directional channel synthesizer 14 and equalizer 
20 and output at output terminal 26. 

20 Input terminal 28 and output terminal 26 are shown diagranmiatically as single 

lines. In a physical embodiment of the system, input terminal 26 may include multiple 
input terminals, for example two analog input terminals and a digital input terminal. 

Input characteristics determiner 14 may include logic to determine whether the 
audio signal is analog or digital and the nimiber of directional channels in the input 
25 audio signal. The logic may include detectors for detecting whether an input signal is 
present on a digital input terminal or one or more of the analog input terminals, and 
may be fiirther modified by user settings. For example, the system may have an input 
selector including a setting for FM radio reception, in which case the logic determines 
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the audio signal is analog. If the signal is a digital signal, the logic may read 
information in a header in the digital signal to determine the nxmiber of directional 
channels. 

Directional channel synthesizer 14 may include one or more of a variety of 
5 audio signal processing systems, such as Pro Logic or AC-3, available from Dolby 
Laboratories Licensing Corporation of San Francisco, California, Circle Surroimd 
available from RSP Technologies of Rochester Hills, Michigan, or systems as 
described in co-pending U.S. Patent Application 08/796285, or other analog or digital 
decoding systems which decode audio signals into multiple directional channels. 

10 "Directional input channels" as used herein refers to audio information that is 

encoded in such a maimer that it can be decoded and reproduced at a location relative 
to a listener, so that the listener perceives the sound as originating from a direction in 
^1 space. Directional input channels are typically designated by a directional designator, 

y such as "left," "right," "center," "surround," "left surround" and "right surround," 

pi 15 depending on the direction from which it is intended the decoded soxmd is perceived to 
* come. For the purposes of this application, the number of directional input channels in 
ff\ an audio signal is determined by the nimiber of input channels that are unique. Some 
audio signals may contain more than one directional input channel, but the information 
in two or more of the directional channels may not be unique, in which case the two 
SI 20 or more directional channels are coxmted as one. A one-directional channel audio 
ii: signal is referred to as a "monophonic" audio signal. A multi-directional channel 
audio signal, which has only one surroimd channel or which has a left surround 
channel and a right siuround channel that are correlated and in phase, is referred to as 
a signal having "monophonic surround." A multi-directional channel audio signal 
25 which has two surround channels is referred to as a signal having "stereo surround." 

"Directional output chaimels" as used herein are decoded input channels 
suitable for reproduction by a loudspeaker, typically placed relative to the listener at a 
position from which the soxmd is intended to come. So, for example, the "left output 
chaimel" contains information intended to be reproduced by a loudspeaker placed to 
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the left of a listener. 

Some audio signals may have a portion that is spectrally limited, that is 
contains only frequencies in a frequency range, but which are not encoded in a manner 
such that it can be decoded so that the listener perceives the soimd coming from a 
5 direction in space. While such portions are sometimes referred to as a bass channel, a 
low frequency effects channel or a low frequency equalization channel, these portions 
may not be "directional channels" as defined above. Such spectrally limited channels 
frequently contain the radiation in a frequency range from all the directional channels, 
so that the directional channels contain substantially only the remaining frequencies. 
10 Some directional channel synthesizing systems may filter out a frequency band from 
an audio signal and use the filtered frequency band to create a directional channel. 

Audio signals may be transmitted as more than one signal component, typically 
transmitted along separate physical paths. A typical stereophonic audio signal, for 
example, is transmitted as two components, designated as "left" and "right." While 

15 these components are sometimes referred to as "channels," they may not be 
"directional channels" as defined above. In a stereophonic system, each signal 
component does represent a directional channel, but in an analog surroxmd encoded 
system, two signal components may represent three, four, or five directional channels. 
To avoid confiision, these components will be referred to as "signal components" in 

20 this disclosure. 

If the directional channel characteristics determiner 12 determines that the 
signal is digital, the process performed by the directional channels synthesizer 14 is 
according to Table 1. For some combination of directional channels present in the 
audio input signal, there may be a default action performed by the directional channel 
25 synthesizer 14, and an altemative user selectable process. The user can select the 

alternate process by inputting a request at user input terminal 28, If no user request is 
input, the directional channel synthesizer performs the default action. 

If the input determiner determines that the input signal is analog, the processing 
performed by directional channel synthesizer 14 may be dependent on user input (such 
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as processing discretely input specified as CD or FM, and decoding input specified as 
video into five directional channels) or, if combined with a system for determining the 
number and directional designator of directional channels encoded in the analog signals 
(for example, requesting the user to specify the number and directional designators of 
5 the directional channels) processing the analog signals according to Table 1. In one 
embodiment, the directional channels synthesizer decodes all analog inputs into five 
directional channels. 
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Directional channels 
Present in Audio 
Input Signal 

Left (L), Right (R), 
Center (C), Left 
Surround (LS), Right 
Surround (RS) 
L, R, C 



Action Performed by Output Notes 
Directional Channel Synthesizer 

Process directional channels discretely. 



Process C discretely; process L and R 
to provide LS and RS 

Process directional channels discretely Default 
or 

Process L and R to provide C if selected by user 



Hi 



10 L, R, C, monophonic 
surround S (i.e. LS = 
RS) 



L, R, S 



L, R 



15 C (i.e. monophonic) 



Process L and R according to 
L„^=L + .707S 
R„^=R-.707S; 
process L^^^ and R^^^ to provide LS 
andRS 

L and R processed according to 
L„^=L + .707S 
R„ew=R— .707S; 
process L^^w and R^^^ to provide LS, 
RS, and C 

Process L and R to form, C, LS, and 
RS 
or 

process L (or R) to form L^ew, R„ewj C, (useful, for example, 
LS, RS if input is 

monophonic 
transmitted as stereo 
i.e. L = R) 

C processed to form Qe^, L, R, LS 
and RS 

Table 1 



Default 

if selected by user 



Input characteristics determiner 12 fixrther includes logic which determines the 
equalization characteristics of the input signal by reading information in digital audio 
signals that are encoded to contain such information in the digital bitstream. An 
20 example is the Dolby AC-3 encoding system that identifies the room type ("roomtyp" 
control word) the audio signal was equalized for, whether or not the digital signals are 
surround encoded ("dsinrmod" control word).the presence or absence of a low 
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frequency effects (LFE ) channel ("Ifeon" control word), which is a channel containing 
bass energy below about 120 Hz. Based on the determined characteristics, the input 
characteristics determiner 12 signals the equalizer 20 to apply a low frequency 
equalization to the audio signal, 

5 Referring to FIG. 2, there is shown a set of equalization curves helpfiil in 

explaining the low frequency aspect of the equalizer 20. If there is an LFE channel, 
the LFE frequency range is boosted by 10 dB as indicated by curve 36. If there is no 
LFE channel, the input characteristics determiner 12 determines the room type and 
whether the audio signal is surroimd encoded and applies a low frequency boost 
10 according to Table 2. The low frequency boost has a 10 dB second order peak 
centered at 30 Hz, as indicated by curve 37. If the system has a dynamic equaUzer, 
the equalizer acts in a supplementary fashion with the dynamic equalizer to apply a 
n gain of 10 dB. So, for example, if the dynamic equaUzer applies a gain of 10 dB or 

Tf: more, equalizer 20 applies no additional gain. If the dynamic equalizer applies a gain 

N 15 of less than 10 dB, equalizer 20 applies a gain equal to the difference between 10 dB 

n \ 

and the gain applied by the dynamic equalizer. For reference, curve 38, which has no 
LFE channel, and no low frequency boost, is also shown. 

I fi 

SI 
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Determined Input Characteristics User 
Is LFE Room Type Surround Apply lOdB Apply Low Apply Low 
present? Encoded? LFE boost? Freq. Film Freq. Film 











EQ gain? 


EQ gain? 


No 


Not Known 


Not Known 


No 


No 


Yes 


No 


Not Known 


No 


No 


No 


Yes 


No 


Not Known 


Yes 


No 


Yes 




No 


Large 


Not Known 


No 


Yes 




No 


Large 


No 


No 


Yes 




No 


Large 


Yes 


No 


Yes 




No 


Small 


Not Known 


No 


No 


Yes 


No 


Small 


No 


No 


No 


Yes 


No 


Small 


Yes 


No 


No 




Yes 


All Cases 


All Cases 


Yes 


No 





15 Table 2 

A system according to the invention is advantageous because it provides a desired 
number of audio directional channels with an appropriate low frequency equalization, 
without requiring the user to find out the characteristics of the input signal, to know 
the appropriate low frequency equalization for a source, or to manually set the 
20 directional channel configuration or equalization curve. 



Other embodiments are within the claims. 



